Abstract: The sub-Nyquist time-frequency packing (TFP) technique was demonstrated in a superchannel field trial transmission over long-haul distances. The technique allows high spectral efficiency even with low-order modulation formats. The transmission was successfully performed on an installed link between Milan and Finkenstein (Austria) in a loop back configuration, which included 2 Â 660 km of ITU-T G.655 fiber. The superchannel is composed by eight subchannels with low-level modulation format, i.e., polarization multiplexed (PM)-quadrature phase shift keying (QPSK). The use of low-order modulation format guarantees better robustness in terms of optical-signal-to-noise ratio (OSNR) and reduced complexity with respect to higher order formats. At the receiver side, coherent detection was used, together with iterative maximum a posteriori probability (MAP) detection and decoding. A 992-Gb/s PM-QPSK superchannel was successfully transmitted between Milan-Finkenstein-Milan with spectral efficiency (SE) of 6.2 bit/s/Hz. Long-term measurements confirm the system reliability.
Introduction
In order to fulfill market demand, optical transport networks need to improve in term of flexibility, power consumption, and capacity. High SE transmissions have been proposed exploiting several techniques such as Nyquist wavelength division multiplexing (NWDW) [1] , sub-Nyquist channel spacing transmission [2] , orthogonal frequency division multiplexing (OFDM) [3] , and time-frequency packing (TFP) [4] , [5] . The orthogonality condition, which is required for both the NWDW and OFDM solutions, imposes a limit on the time-and the frequency-spacing (the Nyquist criterion). This way, the achievable SE is limited by the number of levels of the underlying modulation format. Higher spectral efficiency requires higher-level modulation, e.g., 16-quadrature amplitude modulation (QAM), with higher complexity and lower resilience to signal to noise ratio (SNR) degradation and nonlinear effects. As a theoretical upper limit in terms of SE, the Nyquist-wavelength division multiplexing (WDM) approach allows a channel spacing equal to the baud rate, avoiding both cross-talk due to inter-carrier interference (ICI) and inter-symbol interference (ISI). This technique consists of transmitting channels with a rectangular spectrum and a bandwidth equal to the baud rate. This results in channels at different wavelengths not overlapping (ICI is avoided) and ISI does not occur at the optimum sampling instant due to the Sinc-shaped pulses in the time domain. However, the generation of channels with a rectangular spectrum, requires the use of specific optical spectral shaping, i.e., specific optical filters [6] . Typically, fourth-order super-Gaussian optical filters are used rather than ideal rectangular ones and small guard bands must be considered, thus reducing the theoretical achievable SE. Alternatively, Nyquist-WDM can also be obtained by electrically shaping the modulator driving signals through analog filters or digital signal processing (DSP) by means of high-speed digital to analog converter (DAC)s at the transmitter side. In the former case, a quasi-rectangular shape is obtained by accepting a bandwidth increase between 20-25%, thus reducing the SE. In the latter case, the complexity and cost of the transmitter is increased due to the requirements in terms of electrical bandwidth and sampling rate for the DAC. The above mentioned techniques cannot provide an ideal rectangular shape due to technology limitations [8] . OFDM provides spectral efficiency performances comparable to Nyquist-WDM techniques, but at the expense of more complex DSP, as extensively detailed in [6] . In long-haul optical links the advantages offered by this technique (e.g., bit and power loading, pulse shaping) cannot be easily exploited, namely due to technological constraints and to the flat frequency response of the optical channel in the linear propagation regime. The TFP approach gives up the orthogonality condition, thus overcoming the Nyquist limit and achieving a higher SE with low-level modulations [4] , [7] , [8] . This approach is an extension of faster-than-Nyquist (FTN) signaling [9] . In FTN signaling, pulses can be packed closer than the Nyquist limit without asymptotic performance degradation, provided that the minimum Euclidean distance of the system is not reduced and the optimum detector is employed (Mazo limit) [9] . In other words, by increasing signaling rate for a fixed pulse bandwidth (or, equivalently, by reducing pulse bandwidth for a fixed signaling rate), some bandwidth resources are saved at the expense of introducing ISI. However, the performance in terms of SE are not optimized by the FTN technique and no limits are posed to the complexity of the required detector. These limitations are overcome by the TFP technique by seeking the best solution in terms of SE for a fixed detector complexity. In particular, time packing consists of finding the optimum time spacing between pulses, which, despite introducing ISI, maximizes the achievable SE for a given input constellation and detection strategy. The same concept is extended to the optimization of frequency spacing in TFP. By maximizing the SE for a given modulation format, TFP also assures the lowest requirements in terms of electrical bandwidth both at the transmitter and receiver. In this paper, we successfully demonstrate TFP superchannel transmission over an installed link between Milan and Finkenstein in a loop back configuration. Sub-channel bandwidths and inter-channel spacing are optimized maximizing the achievable SE and a ðSE Á d Þ product of 8184 bit/s/Hz is demonstrated. The paper is organized as follows. Section 2 gives the details of the installed link (see Section 2.1), the installed hardware characterization (see Section 2.2), and the implemented transceiver (see Section 2.3). Section 3 collects field trial detailed results including long-term measurements with loopback transmission.
Experimental Testbed

Optical Link
The installed link consists of ten spans of ITU-T G.655 fiber with lengths between 45 and 80 km, with amplification provided by Erbium doped fiber amplifier (EDFA)s, and is shown in Fig. 1 . The installed fiber is Corning Leaf on all spans for a total length of 1320 km and a total chromatic dispersion of about 6600 ps/nm. At each node reported in Table 1 , the Alcatel-Lucent 1626 Light Manager (LM) platform is installed, and a local craft terminal (CT) (located in Milan (Via Caldera)) is exploited for commissioning and management of the whole link. Remote node management is possible through an optical supervisory channel, thus allowing the configuration of all the nodes (i.e. allowing the Degas configuration).
Hardware Characterization
The Alcatel-Lucent 1626 Light Manager (1626LM) is a dense WDM system for core networks that is designed to allow both long and ultra long haul terrestrial transmission across distances up to 4500 km, as well as single span unrepeated submarine transmissions with lengths of up to 400 km. The 1626LM system was used in the field trial for the remote network management. In order to optimize the performance of the transmitted signal, an investigation into the installed hardware, including characterization of its optical properties, was performed. In particular, since only the optical amplification through the link was exploited for the field trial, the characteristics of the optical amplifiers boards were investigated.
The LOFA1110 board provide optical amplification in the 1626LM system through an EDFA on the board. The employed EDFA is a two stage amplifier, providing mid-stage access for the insertion of dispersion compensating fiber (DCF). The board is a 22/9 amplifier, designer to provide a gain of 22 dB with an interstage loss of 9 dB. The interstage loss may be tuned with onboard variable optical attenuator (VOA) at the output of the first stage.
The LOFA is controlled through setting required output powers and the loss of the interstage VOA, both of which may either be performed manually or in one of two (semi)automatic modes, where the options for power control are:
• Manual control mode directly allows setting of OP 1 and OP 2 , i.e., the output powers of the two stages. • Power control mode allows setting of OP 2 , while OP 1 is automatically tuned, depending on VOA and inter-stage loss
i.e., second stage gain is equal to VOA and interstage losses plus the value of OP Diff .
• Gain control mode allows maintaining a fixed overall gain in the amplifier, independent of the VOA and interstage losses. These combine with the following VOA control modes:
• Manual VOA control directly allows setting the loss introduced by the VOA.
• MSV Mid Stage VOA tuning automatically tunes the VOA according to output power setting and optimum gain flatness. Gain flatness is connected to total gain (i.e., gain between first stage input and second stage output plus VOA and interstage losses) and may be influenced via the K Diff parameter:
where K Theoric is a factory set constant giving the design total gain (i.e. 31 dB for the LOFA1110.
• SAC Span attenuation control sets the VOA in dependency of first stage input power to adjust actual losses to estimated end of life span losses. To describe the behavior and performance of the LOFA board, two important characteristics have been analyzed-the noise figure (NF) and the gain flatness/tilt over the amplifier bandwidth-while taking the different control modes and VOA settings into account. In Fig. 2(a) , the NF for the separate amplifier stages are reported. The applied input power was set to −5 dBm in order to allow measuring over a range of gain values within the amplifier specifications. Overall NF measurements on the contrary may depend on the configuration and control mode employed and thus three different curves have been recorded, analyzing behavior of the overall LOFA in dependence on its configuration. In order to demonstrate the impact of the automatic tuning, the amplifier was set to Power control mode and the VOA to be adjusted with MSV. In this case, with a fixed input power of −6.4 dBm, sweeping over the range of the second stage output power will provide different levels of gain while the amplifier will automatically adjust the output power of the first stage and the loss in the VOA according to (1) and (2). The settings for OP Diff and K Diff not only influence the NF of the amplifier but impact its gain flatness as well, as shown in the measurements discussed in the following. Gain flatness measurements were performed by applying a wide-band noise source (i.e. the output from an EDFA with no input) to the input of the amplifier and recording the output spectrum, yielding the provided gain as the difference between the two spectra. The first measurement in Fig. 3(a) shows the gain profile of the LOFA in Manual þ Manual and Power þ MSV mode with input and output powers of −5 dBm and 15 dBm, respectively. It is immediately visible that automatic control of powers allows much better gain flatness since this mode allows the automatic tuning of the VOA and thus automatic adjustment of the total gain to the design flatness level K Flat . Fig. 3(b) compares the gain flatness for different input powers but constant gain. Variations are small, but on the edges of the amplifier bandwidth significant, offsets are observed. The opposite setting-i.e. variable gain and constant input power-is examined in Fig. 3(c) , showing the same shape regardless of gain level. Finally the impact of the OP Diff and K Diff parameters was studied (see Fig. 3(d) ). In the case of tuning with K Diff the total gain K Flat is changed, reducing the gain in the first stage while the gain in the second stage remains constant. Oppositely, when tuning with OP Diff the total gain remains constant and the gain obtained from the first stage is reduced while the second stage gain is increased. Fig. 3(d) clearly shows that in terms of gain flatness tuning total gain with K Diff is much less desirable than tuning gain allocation with OP Diff . This is contrary to what was found in Fig. 2(b) where reducing total gain with K Diff showed the lower NF and thus whenever the LOFA is used with gain requirements other than the design 22/9 a trade-off between gain flatness and NF must be found. In the experiments described in the following power mode and MSV mode were used for the power and the VOA control, respectively.
Field Trial Transceiver
The TFP superchannel is obtained by means of eight optical carriers, each modulated by a narrow filtered PM-QPSK signal. Bandwidth and spacing of the Sub-channels are optimized according to the TFP technique [4] in order to maximize the achievable SE with the desired detector complexity. A DAC board is used to periodically output pulse shaped electrical signals which drove the IQ-Mach-Zehnder modulator (MZM). For the TFP the use of a DAC is typically not required as reasonably good performance can be obtained by employing commercially available analog low-pass filters [10] . On the other hand, in order to find the optimum value for the signal bandwidth (i.e. the introduced ISI), a DAC board is used. In particular, the DAC is programmed in order to have a signal spectrum that follows the characteristics of a Chebyshev low-pass filter with a variable bandwidth beyond Nyquist. As modulation format, PM-QPSK is used. A low-density parity-check (LDPC) code is exploited to approach the maximum information rate achievable with the given modulation format, accounting for the presence of noise, ISI, etc. Code rate, thus SE, may vary with the OSNR of the sub-carrier (the lower the OSNR, the larger the redundancy). Fig. 4 shows the transceiver implemented for the field trial experiment and installed in Milan. Two single polarization IQ-MZM are used to modulate the even and odd subcarriers of the TFP superchannel. The binary electrical signals that drive the inphase (I) and quadrature (Q) port of each IQ-MZM are generated by the DAC that performs the coding and the signal filtering. The peak-to-peak modulation voltage is set to Vpp ¼ 1:5 V, while the half-wave voltage of each MZM is V ¼ 2:8 V. Polarization multiplexing is emulated by splitting the single polarization signals in two orthogonal polarizations, delayed with respect to each other for decorrelation and combined by a polarization beam combiner (PBC). Even and odd subcarriers are then multiplexed via 3 dB coupler resulting in a multiple subcarrier superchannel. At the receiver, coherent phase-and polarization-diversity detection is performed for each optical subcarrier by setting the local oscillator (LO) at the nominal wavelength of the selected subchannel. The received optical signal is mixed with the LO through a polarizationdiversity 90°hybrid optical coupler, whose outputs are sent to four couples of balanced photodiodes. The four photodetected signals are sampled and digitized through a 20 GHz 50 GSa/s real-time oscilloscope. Off-line digital processing is performed considering blocks of 8 Á 10 5 samples at a time. The DSP is implemented like in [10] . In particular, it includes a static frequencydomain equalizer to compensate for bulk chromatic dispersion (CD) (6600 ps/nm for the considered link), resampling, automatic frequency control (AFC) that compensates for frequency mismatch between the incoming signal and the LO, a 2-D fractionally spaced 2-D feed forward equalizer (FFE) with Nc ¼ 23 equalizer taps that compensates for linear propagation impairments. Given the introduced ISI the 2D-FFE equalizer is adaptively controlled to converge to the matched filter output of the Ungerboeck observation model and also requires a receiver based on sequence detection, such as the well-known Bahl-Cocke-JelinekRaviv (BCJR) MAP detector. The equalizer output feeds the four parallel eight-state BCJR detectors, working on the four signal quadratures, followed by four LDPC decoders. The BCJR and LDPC blocks iteratively exchange information to achieve MAP detection according to the turbo-equalization principle. The maximum number of iterations directly establishes the DSP intrinsic latency and is fixed to 40 although the average number of iteration is generally lower than 10, as will be shown in Section 3. Phase noise is treated as described in [10] and channel estimation is implemented to calculate the impact of ISI and determine path metrics for the BCJR detectors. With respect to a traditional receiver, the added complexity is represented by the BCJR detector presence, and it is proportional to the number of states. The employed codes are typically characterized by the presence of error floors at high SNRs. Simulations for the employed codes indicate that an error floor, if present, is located at a bit error rate (BER) lower than 10 8 [10] . In any case, outer hard-decision external codes with very low overhead can be employed to correct the residual errors and remove the floor. For instance, in the DVB-S2 standard, where LDPC codes with same length and rates are adopted, outer Bose, Chaudhuri, and Hocquenghem Bose, Chaudhuri, and Hocquenghem (BCH) codes with less than 0.4% overhead are used to correct from eight to 12 residual errors (depending on the rate) per codeword.
Results
Fig . 5(a) and (b) show the measured spectra with 0.01 nm resolution bandwidth of the transmitting and receiving superchannel. 1 In order to investigate the contribution of intra-superchannel nonlinear effects due to propagation, the superchannel is transmitted through the link and the achieved SE is measured as a function of the channel power. 2 Signal bandwidth, baud rate, code rate and subchannels spacing are optimized (under some constraints posed by the available hardware) in order to maximize the achievable SE. Since the performance of central subchannel is usually the worst since it is distorted from both sides both by linear and nonlinear crosstalk, the measurement was performed on channel 4. Results are reported in Fig. 6(a) . A maximum SE of 6.2 bit/s/Hz is found with a baud rate of 35 Gbaud, a subchannel spacing of 20 GHz and a channel power of −1 dBm. The signal spectrum at the DAC output follows the shape of a Chebyshev low-pass filter with a bandwidth of 10.5 GHz (cut-off frequency) and the employed LDPC code has a rate R c ¼ 8=9. For all the point reported in Fig. 6(a) error free operation is verified for all the subchannels. In order to validate the system stability, long-term measurements were performed considering the optimum working point in Fig. 6(a) . In particular, for a more accurate statistic about the system operation, new code words were generated every minute by the DAC, and the number of errors computed. 3 In Fig. 6 (b) and (c), the BER and the accumulate average BER are reported, respectively, for all the measurements taken over 24 hours. The maximum number of iterations between the LDPC decoder and the BCJR detector are also reported in Fig. 6(d) , confirming that much of the measurements allows error free operation within 10 iterations. All the measurements confirm a stable operation over the entire period and similar performances are verified for all the channels. Increasing the baud rate up to 36 Gbaud a SE of 6.37 bit/s/Hz is obtained. However, sporadic errors occurs in the long term measurements, and the 35 Gbaud superchannel is considered to verify the system stability.
Conclusion
A 990 Gb/s PM-QPSK super channel was successfully transmitted through an installed link between Milan and Finkenstein in a loop back configuration (1320 km). The achievable SE is 1 No live traffic was present on the link. 2 Input power for each span of the link. 3 Since an off-line DSP is used, the long-term measurements are performed every minute over 24 h. maximized by exploiting the Time packing technique with constrained modulation and detection complexity. LDPC code rate was adapted to the available OSNR and propagation conditions to approach the achievable SE of 6.2 bit/s/Hz and an ðSE Á d Þ product of 8184 bit/s/Hz⋅km.
